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(54) Method for processing a received broadcast signal and a system therefore 


(57) A System (1 ) for processing an analogue inter- 
mediate frequency signal with variable frequency com- 
prises sampling means (5) for sampling the analogue 
intermediate frequency signal on the basts of a variable 
sampling rate to obtain a digital intermediate frequency 
signal, and mixing means (6) being connected to the 
sampling means for frequency shifting of the digital in- 

Figure 1 


termediate frequency signal on the basis of a variable 
shifting rate to obtain a digital baseband sign al , wherein 
the shifting rate is adjustable so that the digital interme- 
diate frequency signal is shifted into a predetermined 
frequency range. This allows to process analogue inter- 
mediate frequency signals with any frequency, and sav- 
ing energy at the same time. 
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Description 

[0001 ] The invention relates to a method for processing a received broadcast signal and a system therefore. 
[0002] Generally, todays digital receivers are divided into an analogue front-end part and a digital baseband part, 
s The digital baseband part which may be realized as a digital baseband LSI (Large Scale Integrated) device (in the 
following only referred to as LSI) processes an output signal of the analogue front-end part which in most cases is an 
analogue IF (intermediate frequency) signal. In such cases, the task of the analogue front-end part is to convert a 
received broadcast signal into the analogue IF signal of a given predetermined frequency. 

[0003] As the use of mobile digital receivers has steadily increased during the recent years, there is a special need 

10 to improve digital receivers with respect to low power consumption. 

[0004] For example, document US 4,910,752, and document US 4,811 ,362, the content of both documents being 
very similar to each other, disclose a low power digital receiver which is capable of selecting a sampling frequency of 
an Analogue/Digital Converter converting an analogue IF signal into a digital IF signal out of a number of given possible 
sampling frequencies. The sampling frequency is selected by choosing one of different sampling signals havi ng different 

is frequencies, respectively. The digital receiver is capable of analyzing the present "quality" of the digital IF signal, and 
therefore deciding during run time if a higher sampling frequency is needed to obtain a desired level of quality of the 
digital IF signal. On the other hand, if the present quality of the digital IF signal is rather good, the digital receiver may 
decide to choose a lower sampling frequency. Thus, the power consumption of the digital receiver can be reduced. 
[0005] In the sampling process described above, before quantization of the analogue IF signal, a sample-and-hold 

20 circuit multiplies a selected harmonic of the chosen sampling signal by the analogue IF signal such that its analogue 
output, a second analogue IF signal, shows a preferred frequency of approximately 1/4th of a frequency of the chosen 
sampling signal. In other words, the analogue IF signal is "adapted" to the frequency of the selected sampling signal. 
Since the second analogue IF signal always shows 1/4th of the frequency of the chosen sampling signal, the digital I F 
signal shows always the same digital IF. Thus, it is possible to use different sampling rates for sampling the analogue 

25 if signal, but obtaining the same digital IF. 

[0006] However, the sampling process described above is only possible for analogue IF signals having a rather high 
frequency. In other words, it may not be possible to choose a high sampling rate if a frequency of an analogue IF signal 
is already low: This comes from the fact that the frequency of the analogue IF signal IF a is related to a sampling 
frequency FS by IF a « (n ± 1/4) -FS, with n being an integer. From this equation follows that a minimum of the frequency 

30 |F a of the analogue IF signal is determined by the maximum of the sampling frequency FS. This limitation makes it 
impossible to sample the analogue I F signal of a low I F architecture front-end with a high sampling frequency to increase 
the dynamic range of the Analogue/Digital Converter. In addition, the equation above must be fulfilled when changing 
the sampling frequency FS of the Analogue/Digital Converter. This limits both possible frequencies I F a of the analogue 
IF signal and possible sampling frequencies FS. 

35 [0007] In addition, the digital receivers described above are designed to only process analogue IF signals having a 
common, fixed frequency. However, different analogue front-ends which are needed to receive broadcast signals of 
different broadcast systems, e. g. AM (amplitude modulation) and FM (frequency modulation) usually convert corre- 
sponding received broadcast signals into analogue IF signals with different frequencies. Since it may be required to 
use different analogue front-ends within one single digital receiver to cover a broad variety of broadcast systems, there 

40 is a need to improve digital receivers so that they can deal with various types of analogue front-ends, in particular with 
respect to the resulting different IF signals. 

[0008] It is therefore an object of the present invention to improve such an above described digital receiver so that 
a high flexibility with respect to various types of broadcast systems is ensured. 

[0009] This object is solved by a system for processing an analogue intermediate frequency signal according to 
45 independent claim 1 and a method for processing a received broadcast signal according to independent claim 16. 
Respective preferred embodiments thereof are defined in the following dependent subclaims, respectively. 
[001 0] Accordingly, a system according to the present invention for processing an analogue intermediate frequency 
signal with variable intermediate frequency comprises: 

so - sampling means for sampling the analogue intermediate frequency signal on the basis of a variable sampling rate 
to obtain a digital intermediate frequency signal, 

mixing means being connected to the sampling means for frequency shifting of the digital intermediate frequency 
signal on the basis of a variable shifting rate to obtain a digital baseband signal, wherein the shifting rate is ad- 
justable so that the digital intermediate frequency signal is shifted into a predetermined frequency range. 

55 

[001 1 ] Further, according to the present invention, a method for processing a received broadcast signal comprises 
the steps of: 
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- sampling the analogue intermediate frequency signal on the basis of a variable sampling rate to obtain a digital 
intermediate frequency signal, 

- frequency shifting of the digital intermediate frequency signal on the basis of a variable shifting rate to obtain a 
digital baseband signal, wherein the shifting rate is adjusted in dependence of a frequency of the digital baseband 

s signal so that the digital intermediate frequency signal is shifted into a predetermined frequency range. 

[0012] According to the present invention, the sampling rate is variable and dependent on changing requirements 
of functionality (which may be represented by applications or ASIC-hardware, for example, and which is referred to in 
the following only as applications) used for processing the digital baseband signal working in the system. "Variable" 

10 means in this context that it is possible to switch between a plurality of discrete sampling frequencies (at least two 
different sampling frequencies). Therefore, high performance applications can "demand" a high sampling rate to in- 
crease their performance, whereas low-power applications which are especially designed for mobile receivers can use 
a low sampling rate in order to save energy. It is possible to change the sampling rate between low to high during the 
run-time of the digital receiver, which allows to immediately adapt the sampling rate to changing requirements of the 

15 applications, for example when changing from a FM-broadcast signal reception to an AM-broadcast signal reception 
or when there is a need to increase the neighbour channel suppression. As will be described later in detail, a high 
sampling rate may for example be used for neighbour channel suppression in case of a weak received broadcast signal. 
[001 3] The present invention makes it possible to generate a digital baseband signal which shows a frequency always 
being located within a predetermined frequency range, regardless of the frequency of the analogue IF signal being 

20 sampled and of the sampling rate being used. This is achieved by using a digital mixing means (in the following only 
referred to as mixing means) which is located after the sampling means, as will be described in detail now: Generally, 
a sampling means is capable of sampling frequency signals having arbitrary frequencies, as far as the Nyquist theorem 
is fulfilled and the bandwidth of the sampling means is wide enough. Thus, according to the present invention, an 
analogue IF signal of any frequency can be sampled to obtain a digital IF signal. Further, a digital mixing means is 

25 generally capable of shifting the frequency of a digital IF signal having an arbitrary frequency by an arbftary shifting 
rate. Thus, according to the present invention, the use of the mixing means afterthe sampling means allows to transf onm 
analogue IF signals with arbitrary frequencies and arbitrary discrete sampling rates into a digital baseband signal with 
a frequency always being located within a predetermined frequency range. In other words, the mixing means functions 
like an adapter to "map" digital intermediate frequency signals generated by the sampling means having different 

30 frequencies and being sampeled with different sampling rates to digital baseband signals with a common fixed fre- 
quency or frequency range. Thus, the present invention makes it possible to sample analogue IF signals having variable 
frequencies, the frequencies of all resulting digital signals lying in the same frequency range, and at the same time 
providing either high performance (high sampling rate) or energy saving (low sampling rate). 
[0014] In contrast, in the prior art, as already described, a high sampling rate is not possible for low IF front-ends. 

35 Moreover, only analogue IF frequency signals having one fixed frequency can be used. Thus, the digital receivers 
described in the prior art can only be used in a limited amount of broadcast systems. 

[0015] An advantage of shifting the digital IF signal so that the frequency of the digital baseband signal always lies 
in a predetermined frequency range is that the way of processing the digital baseband signal is "independent" of the 
frequency of the analogue IF signal, which facilitates the processing of the digital baseband signal remarkably. Thus, 

40 in the present invention, it is possible to use different analogue front-ends converting a received broadcast signal into 
analogue IF signals with different frequencies, without changing the way of processing the digital baseband signal. 
[0016] The flexibility of the present invention in terms of processing analogue IF signals of arbitrary frequencies and 
ensuring power down modes for all those analogue IF signals makes it possible to use this method in all kinds of 
receivers and broadcast systems. Low IF front-ends generating an analogue IF signal with a low frequency can be 

45 used without limitations. 

[0017] To further process the digital baseband signal it may be digitally filtered and/or digitally downsampled anoYor 
subjected to a digital demodulation process. For example, a variable filter mode may be dynamically adjusted during 
the step of digitally filtering the digital baseband signal according to the currently processed broadcast system and/or 
to the bandwidth of the analogue IF signal. The digital baseband signal may be subjected to a demodulation process, 

so preferably after having been filtered and/or downsampled. 

[0018] In apreferred embodiment of the present invention, the mixing means is additionally used to retune (frequency 
synchronization) the frequency of the digital baseband signal in dependence of a frequency of the digital baseband 
signal, which may be analyzed during the step of processing the digital baseband signal. Such an retuning process is 
generally necessary for processing received digital modulated broadcast signals like DAB (Digital Audio Broadcasting), 

55 IBOC (In Band On Channel), DRM (Digital Radio Mondiale) or ISDB-Tn broadcast signals. Thus, the invention is ca- 
pable of performing operations like frequency synchronization and neighbour channel suppression for digital modulated 
signals without additional hardware effort. 

[0019] To process the digital baseband signal, the system preferably comprises processing means which are capable 
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of controlling the shifting rate performed by the mixing means in dependence of a frequency of the digital baseband 
signal and/or are capable of adjusting the sampling rate according to changing requirements for processing the digital 
baseband signal or according to the frequency of the digital baseband signal. The sampling rate may also be directly 
adjusted by the sampling means according to the frequency of the analogue intermediate frequency signal, which 

s would enable to facilitate the processing means. 

[0020] The processing means of the system may comprise at least one signal path being connected to the mixing 
means for routing the digital baseband signal in dependence of a corresponding sampling rate via one of the signal 
paths, respectively. Each signal path comprises at least one digital filter for filtering the digital baseband signal, and at 
least one digital downsampling means for downsampling the digital baseband signal. Filter modes of the digital filters 

10 may be fixed or adjustable according to the bandwidth of the analogue IF signal. A downsampling rate of the digital 
downsampling means may be fixed or be adjustable according to the selected sampling rate of the analogue IF signal 
or according to other criteria. 

[0021] Further, the processing means may comprise a digital demodulating means for demodulating a desired infor- 
mation from the digital baseband signal, for example a DSP (Digital Signal Processor). 
15 [0022] The mixing means preferably is a complex mixing means for generating a complex digital baseband signal. 
The mixing means may also be an AFC (Automatic Frequency Control) means, which is capable of adjusting the shifting 
rate itself without extern control. 

[0023] The system may comprise at least one analogue front-end being connected to the sampling means which is 
capable of converting a received broadcast signal into an analogue intermediate frequency signal with variable inter- 
na mediate frequency, respectively. 

[0024] The mixing means, the digital downsampling means, the digital filter means, and the digital demodulating 
means are preferably realized as parts of one ASIC (Application Specific Integrated Circuit). 
[0025] The system according to the present invention may be realized as an "adapter" including for example sampling 
means and mixing means without processing means, or as a whole digital baseband LSI with sampling means, mixing 
25 means and processing means. In particular in the latter case, it is possible to connect different front-end architectures 
to the digital baseband LSI since different frequencies of the analogue intermediate frequency signal can be processed 
by the digital LSI without limitations. This, in connection with the low power capability, makes it possible to use the 
digital baseband LSI in all kinds of receivers. 

[0026] In the following, the present invention is illustrated by an exemplary embodiment thereof with reference to the 
30 accompanying drawings, wherein 

Fig. 1 shows a block diagram of a preferred embodiment of a system for processing an analog intermediate fre- 
quency signal with variable intermediate frequency according to the present invention; 

35 [0027] A system 1 comprises a digital baseband LSI 2 and an analogue front-end 3 which is connected to the digital 
baseband LSI 2. The digital baseband LSI 2 comprises an ASIC 4, which is connected to the analogue front-end 3 via 
an IF-ADC (IF-Analogue/Digital Converter) 5. In the following, different parts of the ASIC 4 are described: A complex 
mixer 6 is connected to an output stage of the IF-ADC 5 (not part of the ASIC 4), an output stage of the complex mixer 
6 being connected to a first digital filter 7 via a first junction 8. A first downsampling unit 9 is connected to an output 

40 stage of the first digital filter 7. An output stage of the first downsampling unit 9 is connected via a second junction 8a 
to a first switch 1 1 , which may connect the first downsampling unit 9 with a second digital filter 1 0, or alternately connect 
the output stage of the complex mixer 6 via the first junction 8 directly to the second digital filter 10. An output stage 
of the second digital filter 10 is connected to a second downsampling unit 12. The second junction 8a also connects 
the output stage of the first downsampling unit 9 to a third digital filter 13, an output stage thereof being connected to 

45 a third downsampling unit 14. An output stage of the second digital filter 12 is connected to a fourth digital filter 15 
having a variable bandwidth. An output stage of the fourth digital filter 15 is connected to a fifth digital filter 1 6 via a 
third junction 17. An output stage of the fifth digital filter 16 is connected to a fourth downsampling unit 18, an output 
stage thereof being connected via a fourth junction 19 to a FM-demodulating unit 20. An output stage of the FM- 
demodulating unit 20 is connected via a second switch 21 to a DSP (Digital Signal Processor) 22 (not part of the ASIC 

so 4). The output stage of the fourth digital filter 15 may also be directly connected to the DSP 22 via the third junction 
17 and the second switch 21 . The output stage of the fourth downsampling unit 1 8 may also be directly connected to 
the DSP 22 via the fourth junction 1 9 and the second switch 21 . A first output stage of the DSP 22 is connected to a 
first output terminal 23 (not part of the ASIC 4). A second output stage of the DSP 22 is connected to an audio DAC 
(audio Digital/Analog-Converter) 24 (not part of the ASIC 4). An output stage of the audio DAC 24 is connected to a 

55 second output terminal 25 (not part of the ASIC 4). The DSP 22 is also connected via a fieldstrength ADC 26 (not part 
of the ASIC 4) for indicating the fieldstrength of the received broadcast signal to the analogue front-end 3. An output 
stage of the third downsampling unit 14 is connected to the DSP 22 via the second switch 21 . 
[0028] A broadcast signal received by the analogue front-end 3 is converted into an analogue intermediate frequency 
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signal and supplied to the IF-ADC 5, which samples the analogue intermediate frequency signal with two or more 
sampling rates, for example 30.720 MHz or 2.048 MHz. The selection of the samiing rate depends on the requirements 
of the application running in the receiver, for example. Here, the low sampling rate of 2.048 MHz corresponds to a 
power down mode, that may be used of applications in battery-driven receivers. All other receivers preferably use a 

5 high sampling rate of 30.720 MHz, since no power savings are necessary here. The sampling rate can be changed 
during the operation of the digital baseband LSI 2 according to changing processing requirements of the ASIC 4 or the 
DSP 22. More generally, the IF-ADC 5 may be controlled by any part of the digital baseband LSI 2 which is concerned 
with the processing of a digital intermediate frequency signal/digital baseband signal. Preferably, the IF-ADC 5 as well 
as the complex mixer 6 are controlled by the DSP 22. 

10 [0029] The digital basband signal may be routed in dependency of the switches 11, 21 via different signal paths to 
the DSP 22. The digital baseband signal is preferably routed to the output stage of the third digital downsampling unit 
14 if a DAB broadcast signal is received by the analogue front-end 3. Depending on the design of the first digital filter 
7 and first downsampling unit 9, the third digital filter 1 3 and the third downsampling unit 1 4 are not required. Generally, 
if the low sampling rate is used, the digital baseband signal is directly routed via the first switch 1 1 to the second filter 

15 10 without passing the first filter 7 and the first downsampling unit 9. If the high sampling rate is used, the digital 
baseband signal is routed via the first filter 7 and the first downsampling unit 9 to the second filter 1 0. 
[0030] If an IBOC- or ISDBT-Tn broadcast signal is received, the digital baseband signal may be directly routed from 
the output stage of the fourth digital filter 1 5 to the DSP 22 via the second switch 21 . The same routing may be used 
when receiving AM or DRM broadcast signals. Alternatively, when receiving AM or DRM broadcast signals, the digital 

20 baseband signal may be directly routed from the output stage of the fourth downsampling unit 1 8 to the DSP 22 via 
the second switch 21 . The same routing may be used when receiving IBOO or ISDBT-Tn broadcast signals. 
[0031] Generally, a variable amount of sampling rates may be used. The relationship between two sampling rates 
FS1, FS2 may be given by FS2=FS1/N, where N is an integer. If an additional sampling rate is implemented, it is 
advantageous to implement an additional corresponding signal path, which may comprise respective digital filters and/ 

25 or downsampling units adapted to the additional sampling rate. However, if the downsampling rates are adjustable 
during run-time, it may be possible to integrate different downsampling units to a single downsampling unit, and dy- 
namically adapt the downsampling rate of the single downsampling unit to the sampling rate presently used. For ex- 
ample, the second and the third downsampling unit 12, 14 may be condensed into a single downsampling unit. 
[0032] The fifth digital filter 1 5 may also be left or be located between the fourth downsampling unit 1 8 and the FM- 

30 demodulating means 20. 

[0033] The dynamic range of the IF-ADC 5 may be increased in portable receivers if requirements to suppress digital 
neighbour channel noise is high, which means that the sampling rate is increased. This allows a high digital neighbour 
channel suppression even for portable receivers, since the power consumption does only have to be increased during 
the processing of weak broadcast signals with strong neighbour channels. 

35 [0034] Thus, the flexibility in terms of low power consumption and high performance on the one hand and the variable 
intermediate frequency on the other hand allows to use the digital baseband LSI 2 in all kinds of receivers, since 
different front-end architectures 3 with different associated intermediate frequencies required for different broadcast 
systems as well as energy saving aspects are covered. 

[0035] The IF-ADC 5 preferably shows a resolution of at least 12 bit. Alternatively, the IF-ADC 5 shows 10 bit for 
40 mobile, portable and world receivers. In high-end home receivers an external 12 bit IF-ADC 5 may be used. Depending 
on SNR (Signal to Noise Ratio) and neighbour channel suppression requirements, also a 10 bit IF-ADC 5 may be used 
for high end and home receivers. In case of high requirements with respect to the digital neighbour channel suppression, 
an IF-ADC 5 with at least 12 bit should be used. 

[0036] The complex mixer 6 may be used in a digital multiband receiver concept for the frequency synchronization 
45 of digital transmitted signals like DAB, IBOC, ISDB-Tn or DRM. 

[0037] In the following description, a preferred embodiment describing how the digital baseband LSI 2 processes a 
received FM-broadcast signal is discussed. 

[0038] In such an "FM-mode", the ASIC 4 preferably performs a digital neighbour channel suppression. A bandwidth 
of the fourth digital filter 15 is variable and can be switched between three or more different bandwidths. The perform- 
50 ance of the digital neighbour channel suppression depends on the dynamic range of the IF-ADC 5. In battery driven 
receivers, the sampling rate may be increased from a power down mode, which preferably corresponds to a sampling 
rate of 2.048 MHz to a sampling rate of 30.720 MHz which makes it possible to increase the dynamic range of the 
IF-ADC 5 by about 12.0 dB. 

[0039] A bandwidth of an analogue filter in the analogue front-end 3 (not shown) is wide in order to allow a demod- 
55 ulation with low harmonic distortions. In case of strong neighbour channels with low frequency offset, this bandwidth 
may be decreased by using the digital filter 15 within the ASIC 4. 

[0040] In case of very high neighbour channels with low center frequency offset, the following method can be used 
to avoid performance limitations by a limited dynamic range of the IF-ADC 5: Generally, the analog intermediate fre- 
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quency signal can be retuned by about 25, 50 or 1 00 kHz. For example, if the analogue intermediate frequency of a 
received broadcast singal is changed from 1 0.7 MHz to 1 0.6 MHz, a neighbour channel with strong energy is changed 
from 10.5 MHz to 10.4 MHz. This means that the neighbour channel is shifted more to a stop band of the analogue 
filter in the analogue front-end 3, so that the analogue filter reduces most of the energy of the neighbour channel. A 

5 remaining energy of the neighbour channel is therefore low, so that the dynamic range of the IF-ADC 5 Is large enough 
to convert remaining parts of the neighbour channel and the wanted signal. Accordingly, a frequency of the digital 
baseband signal is also retuned to 1 0.6 MHz, so that the wanted signal is in the center of preferably all digital filters, 
in particular in the center of the digital filter 15 with narrow bandwitdh, which performs the digital neighbour channel 
suppression. The digital filter 15 suppresses remaining parts of the neighbour channel. With this method, a high sup- 

io pression of strong neighbour channels with low center frequency offset is possible even if the dynamic range of the 
IF-ADC 5 is limited or the low sampling rate is used in portable receivers. It is also possible to use this method when 
processing AM, DRM, DAB, and other types of broadcast signals. 

[0041] After having frequency demodulated the filtered digital baseband signal in the FM-demodulating unit 20 of 
the ASIC 4, a demodulated digital baseband signal and a FM-envelope signal are inputted into the DSP 22. The DSP 
is 22 performs functions like stereo demultiplexing, RDS (Radio DataSystem)-decoding, noise detection, etc. Additionally, 
the DSP 22 performs stereo-mono blending based on psychoaccustical models. 

[0042] In case the digital baseband LSI 2 processes a digital baseband signal obtained by an AM broadcast signal, 
the DSP 22 performs digital neighbour channel suppression using a variable filter bandwidth and a coherent and non- 
coherent amplitude demodulation. Other functionality preferably covered by the DSP 22 is sideband demodulation 

20 (coherent), distortion cancellation (carrier suppression). 

[0043] In case the digital baseband LSI 2 processes a digital baseband signal obtained by a DRM broadcast signal, 
the DSP 22 performs digital neighbour channel suppression with a variable filter bandwidth and a standard compliant 
digital demodulation and decoding of services included in a DRM-muttiplex contained in the digital baseband signal. 
The first step after adjacent channel suppression is a FFT (Fast Fourier Transform) which yields a signal transformed 

25 into the frequency domain with high resolution in order to be able to perform QAM (Quadratur Amplitude Modulation)- 
demapping. Since DRM-symbols may use a carrier spacing as low as 31 .25 Hz, an analogue front-end 3 and a signal 
path leading to the DSP 22 with excellent phase-noise characteristics are required. 

[0044] If the DSP 22 should need a considerable amount of power, complexity vs. performance trade-offs are pos- 
sible, such as tailoring the number of iterations of a decoder using a hard-decision Viterbi algorithm instead of soft 
30 decisions etc. Most of these trade-offs can also be made during the processing of the digital baseband LSI 2 without 
interruption of the processing. 

[0045] If the digital baseband LSI 2 is used to process a digital baseband signal obtained by an IBOC broadcast 
signal, no change of the ASIC 4 is required since the same signal path as in the AM mode and the DRM mode may 
be used. Frequency synchronization is performed using the complex mixer 6. A frequency resolution of the complex 

35 mixer 6 depends on an interface from the DSP 22 with respect to the ASIC 4. A 1 6 bit interface results in a frequency 
resolution of 468,75 Hz; a 24 bit interface results in a frequency resolution of 1 .83 Hz, and a 32 bit interface results in 
a frequency resolution of 0.0072 Hz. Preferably, a 32 bit interface is used. If the digital baseband LSI 2 processes a 
digital baseband signal obtained by a received ISDB-Tn broadcast signal, the same signal path may be used when 
processing an IBOC-broadcast signal. Accordingly, frequency synchronization is performed by using the complex mixer 

40 6. 

[0046] If a DAB broadcast signal is processed, the analogue intermediate frequency signal is sampled by the I F-ADC 
5 at a sampling rate of preferably 30.720 MHz. The complex mixer 6 performs the downconversion to a complex 
baseband signal and a frequency synchronization. The digital baseband signal is then downsampied by the first down- 
sampling unit 9 by a factor of preferably 15. The third downsampling unit 14 is not used. The first downsampling unit 
45 9 preferably comprises a sampling rate decimation filter which also performs digital DAB neighbour channel suppres- 
sion. 

[0047] In the following, a table of preferred frequencies of analogue IF signals in conjunction with different types of 
broadcast signals, sampling rates and broadcast receivers is given: 


50 


receiver type 

receiver size 

power consumption 

IF in MHz 

ADC 

FM 

AM/DRM 

sampling rate in MHz 

high-end home 

not important 

not important 

10.7 

0.455 

30.720 

car radio 

small 

not important 

10.7 

10.7 or 0.455 

30.720 

world receiver 

small 

low 

10.7 

0.455 

30.720 or 2.048 

boom-box 

small 

low 

10.7 or 0.2 

10.7 or 0.2 

2.048 | 


6 


EP 1 233 555 A1 

(continued) 


receiver type 

receiver size 

power consumption 

IF in MHz 

ADC 

FM 

AM/DRM 

sampling rate in MHz 

handheld 

very small 

very low 

0.2 

0.2 

2.048 


5. 


6. 


Claims 

1. System (1) for processing an analogue intermediate frequency signal with variable frequency, comprising: 

- sampling means (5) for sampling the analogue intermediate frequency signal on the basis of a variable sam- 
pling rate to obtain a digital intermediate frequency signal, 

- mixing means (6) being connected to the sampling means for frequency shifting of the digital intermediate 
frequency signal on the basis of a variable shifting rate to obtain a digital baseband signal, wherein the shifting 
rate is adjustable so that the digital intermediate frequency signal is shifted into a predetermined frequency 
range. 

2. System (1) according to claim 1 , characterized by processing means (4, 22, 24) for processing the digital base- 
band signal to obtain an output signal. 

3. System (1 ) according to claim 2, characterized in that the processing means (4, 22, 24) is capable of adjusting 
the shifting rate in dependence of a frequency of the digital baseband signal. 

4. System (1 ) according to claim 2 or 3, characterized in that the processing means (4, 22, 24) is capable of adjusting 
the sampling rate according to changing requirements for processing the digital baseband signal. 

System (1) according to anyone of the preceding claims, characterized in that the sampling rate is adjustable in 
dependency of the bandwidth of the analogue intermediate frequency signal. 

System (1) according to anyone of the claims 2 to 5, characterized in that the processing means (4, 22, 24) 
comprises at least one signal path being connected to the mixing means (6) for routing the digital baseband signal 
in dependence of the corresponding sampling rate via one of the signal paths, respectively. 

7. System (1 ) according to claim 6, characterized in that each signal path comprises at least one digital filter (7, 1 0, 
13, 15, 1 6) for filtering the digital baseband signal. 

8. System (1 ) according to claim 7, characterized in that a filter mode of at least one digital filter (7, 1 0, 1 3, 1 5, 1 6) 
is adjustable according to the bandwidth of the analogue intermediate frequency signal. 

9. System (1) according to anyone of the claims 6 to 8, characterized in that each signal path comprises at least 
one digital downsampling means (9, 12, 14, 1 8) for downsampling the digital baseband signal. 

1 0. System (1 ) according to claim 9, characterized in that a downsampling rate of at least one digital downsampling 
means (9, 12, 14, 18) is adjustable according to the sampling rate of the analogue intermediate frequency signal. 

11. System (1) according to anyone of the preceding claims, characterized in that the mixing means (6) generates 
a complex digital baseband signal. 

12. System (1) according to anyone of the preceding claims, characterized by at least one analogue front-end (3) 
being connected to the sampling means (5) which is capable of converting a received broadcast signal into the 
analogue intermediate frequency signal with variable intermediate frequency, respectively. 

55 13. System (1) according to anyone of the preceding claims, characterized in that the mixing means (6) is an Auto- 
matic Frequency Control means. 

14. System (1) according to anyone of the claims 2 to 13, characterized in that the processing means (4, 22, 24) 
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comprises a demodulating means (20, 22) for recovering information from the digital baseband signal. 

15. System (1) according to claim 14, characterized in that the mixing means (6), the digital downsampling means 
(8, 11), the demodulating means (20), and the digital filter means (7, 9, 12) are realized as parts of one ASIC (4). 

16. Method for processing a received broadcast signal after having converted the broadcast signal into an analogue 
intermediate frequency signal with variable intermediate frequency, comprising the steps of: 

- sampling the analogue intermediate frequency signal on the basis of a variable sampling rate to obtain a digital 
intermediate frequency signal, 

- frequency shifting of the digital intermediate frequency signal on the basis of a variable shifting rate to obtain 
a digital baseband signal, wherein the shifting rate is adjusted in dependence of a frequency of the digital 
baseband signal so that the digital intermediate frequency signal is shifted into a predetermined frequency 
range. 

1 7. Method according to claim 1 6, characterized by processing the digital baseband signal to obtain an output signal. 

1 8. Method according to claim 1 6 or 1 7, characterized by adjusting the shifting rate in dependence of a frequency of 
the digital baseband signal. 

1 9. Method according to claim 1 7 or 1 8, characterized by adjusting the sampling rate according to changing require- 
ments for processing the digital baseband signal. 

20. Method according to anyone of the claims 16 to 19, characterized by adjusting the sampling rate in dependency 
of the bandwidth of the analogue intermediate frequency signal. 

21 . Method according to anyone of the claims 1 7 to 20, characterized by digitally filtering the digital baseband signal 
at least one time during the step of processing the digital baseband signal. 

22. Method according to claim 21 , characterized by adjusting a filter mode according to the bandwidth of the analogue 
intermediate frequency signal during the step of digitally filtering the digital baseband signal. 

23. Method according to anyone of the claims 1 7 to 22, characterized by digitally downsampling the digital baseband 
signal at least one time during the step of processing the digital baseband signal. 

24. Method according to claim 23, characterized by adjusting a downsampling rate according to the sampling rate of 
the analogue intermediate frequency signal. 

25. Method according to anyone of the claims 16 to 24, characterized by generating a complex digital baseband 
signal during the step of shifting the frequency of the digital intermediate frequency signal. 


8 



9 


EP 1 233 555 A1 


European Patent 
Office 


EUROPEAN SEARCH REPORT 


Application Number 

EP 01 10 3895 


DOCUMENTS CONSIDERED TO BE RELEVANT 


Category 


D,Y 


Citation of document vuftri Indication, where appropriate. 
of relevant passages 


WO 88 10548 A (MOTOROLA INC) 
29 December 1988 (1988-12-29) 

* column 6, line 35 - column 6, line 38; 
figures 1,4C * 

& US 4 910 752 A (YESTER JR FRANCIS R ET 
AL ) 20 March 1990 (1990-03-20) 

US 5 493 721 A (REIS JOHANNES) 
20 February 1996 (1996-02-20) 

* page 1, line 29 - page 9, line 29; 
figure 1 * 


US 5 430 890 A (CHAHABADI DJAHANYAR 
AL) 4 July 1995 (1995-07-04) 
* the whole document * 


ET 


W0 00 55977 A (KONINKL PHILIPS ELECTRONICS 
NV) 21 September 2000 (2000-09-21) 
* the whole document * 


Trio present search report has been drawn up for all claims 


to cjakn 


CLASSIFICATION OF IDE 
APPLICATION flntO.7) 


1-25 


H04H1/00 
H04B1/28 
H04B1/16 
H04B1/26 


1-25 


1-25 


1-25 


(IntCLT) 


H04H 
H04B 


Ptaoo d Mssh 

MUNICH 


Dot* of comptadof! of th» traxh 

27 June 2001 


Will ems, B 


CATEGORY OF CITED DOCUMENTS 

X : part aJarty relevant If taken alone 

Y : particularly relevant If combined with another 

document of the same category 
A : technological background 
O : non-written disclosure 
P : Intermediate document 


T : theory or principle underlying the Invention 
E : earlier patent document out published on. or 

after the Iffing data 
D : document cHed In the application 
L : document crad 'or other reasons 


& ' member of the same patent tamfly. corresponding 
document 


10 


EP 1 233 555 A1 


ANNEX TO THE EUROPEAN SEARCH REPORT 
ON EUROPEAN PATENT APPLICATION NO. 


EP 01 10 3895 


This a/max Bsts the patent tamfly members relating to the patent documents cited in the above-mentioned European search report 
The members are as contained In the European Patent Office EDP file on 

The European Patent Office Is in no way liable for these particulars which are merely given for the purpose of information. 

27-06-2001 


Patent document 


Publication 


Patent famty 

Publication 

dted In search repor 

t 

date 


members) 

date 

WO 8810548 

A 

29-12-1988 

US 

4811362 A 

07-03-1989 




AT 

111288 T 

15-09-1994 




CA 

1313538 A 

09-02-1993 




DE 

3851440 D 

13-10-1994 




DE 

3851440 T 

30-03-1995 




DK 

626689 A 

12-12-1989 




EP 

0394257 A 

31-10-1990 




HK 

1000364 A 

06-03-1998 




IL 

85874 A 

16-09-1991 




JP 

2503977 T 

15-11-1990 




JP 

2866094 B 

08-03-1999 




KR 

9615174 B 

01-11-1996 




US 

4910752 A 

20-03-1990 

US 5493721 

A 

20-02-1996 

DE 

4237692 C 

03-03-1994 




AT 

162031 T 

15-01-1998 




DE 

59307933 D 

12-02-1998 




EP 

0597255 A 

18-05-1994 




HK 

1008161 A 

30-04-1999 

US 5430890 

A 

04-07-1995 

NONE 



W0 0055977 

A 

21-09-2000 

CN 

1296669 T 

23-05-2001 


i For more details about this annex : see Official Journal of the European Patent Office, No. 12/32 


11 


